The intelligibility of. unprocessed and of low-pass filtered speech was compared to that of speech processed using three versions of an all-harmonic code consisting of many harmonic sinusoids, a largest harmonic code consisting of four harmonic sinusoids closest to the formants, and a formant code consisting of three sinusoids scaled from the formant frequencies. Fundamental frequency and formant frequencies were scaled down in frequency by different amounts in the various codes. Normal-hearing subjects were tested on three different types of tests. The Diagnostic Rhyme Test (DRT) was used on the two speech varieties and on codes that were not frequency lowered, a Diagnostic Discrimination Test (DDT) was used on frequency-lowered speech codes, and a prosodic test was run on all versions of the speech and speech codes. Results of each test are presented and compared for the various talker, speech, and speech-code combination; they show that the low-passfiltered speech was always more intelligible than any low-frequency speech code tested.
INTRODUCTION
Several methods have been devised in attempts to recode speech within the usable frequency range of the hearing-impaired. A four-to-one reduction of the speech bandwidth is indicated under the assumption that speech energy above 4 kHz is relatively unimportant and because many severely hearing-impaired have some residual hearing out to I kHz. Early attempts at frequency lowering involved slow playback of recorded speech. When the speech was slowed to one-fourth speed (to produce a frequency compression of four to one), temporal cues were grossly distorted. This technique is not useful in real time since the signal is four times as long as the original. More recently, improvements have been made in slow-playback coding by using pitch-synchronous coding and by discarding three-fourths of the signal (Schreiner, 1977) . This restores some temporal cues, permits the scheme to run in real time, and has been shown to be moderately effective even at this severe compression. Reed Another method of low-frequency coding is to overlay the original speech signal below 1000 Hz with the frequency-compressed portions above 1000 Hz. Thus the low frequencies, so important for vowels and prosodics, are preserved and the high-frequency information important for fricatives is available when needed (Braida, 
1979; Guttrnan and Nelson, 1968; Risberg, 1965).
Two pilot studies of low-frequency codes produced unreasonably disparate results. Reeder et al. (1977) obtained discriminability scores of 91% for normalhearing subjects using a three component nonharmonic formant code in which no attempt was made to preserve voice pitch. Stewart et al. (1977) obtained discriminability scores of 61% for normal-hearing subjects using a four-component, largest-harmonic code in which an attempt was made to preserve pitch information. The present study had three main objectives. First, the results of the pilot experiments were to be checked by using similar coding techniques and .the same listener task. Second, three new coding schemes, which have more spectral information than the two above, were to be tested. One was similar to the largest harmonic code, but all harmonics were used instead of only four. A second was similar to that of Schreiner (1977) in which the fundamental frequency was scaled down by the same factor as the spectrum whereas this was not true with the other codes (see Sec. I below). A third was similar to that of Reed et al. (1978) in which the spectrum was warped instead of linearly lowered. Finally, the ability of frequency-lowered codes to transmit prosodic information was to be tested. code might affect the results differently between normal and impaired listeners.
I. CODING TECHNIQUES
A linear prediction analysis scheme (Markel and Gray, 1976) was chosen because of its ease of implementation and relatively good preservation of speech intelligibility. To produce the code, natural speech was low-pass filtered at 4.5 kHz, digitized at a 10-kHz sampling rate, and stored on disk for further processing. The speech was analyzed through a 256-point Hamming window at 10-ms intervals.
The analysis provided reflection coefficients, a voice-unvoiced decision, a gain factor, and fundamental frequency at each 10-ms interval and these were stored on disk. The linear prediction analysis and synthesis resulted in a degradation of the intelligibility of original speech from 95% to 87% which is still relatively high. This degradation is primarily related to the fixed analysis frame rate of 10 ms and the effects of windowing the signal which smear the transients and distort the spectrum. Errors occurring in analysis are propagated to the speech codes.
The speech codes were synthesized from the stored analysis data. For voiced speech, the harmonic frequencies were determined as multiples of the fundamental; the level of each harmonic was determined from a spectral envelope generated from the reflection coefficients and the gain factor. The harmonics were added with zero phase to produce one period of the output waveform as determined from the fundamental frequency.
The analysis parameters were then linearly interpolated between the two adjacent frames to obtain new parameters for the next period of the output. For the extended pitch periods (those longer than the analysis interval of 10 ms) some information was lost since some frames were skipped.
For unvoiced speech, "noisy sinusoids" were generated by passing white noise through filters centered at multiples of 100 Hz and each having an 80-Hz bandwidth. The amplitudes for these noisy sinusoids were determined from the spectral envelope, and they were added with random phase to produce 10 ms of the desired noise signal. The speech codes were D/A converted to cassette tape without further processing.
Five different coding techniques were compared in this study, all using the synthesis technique described above. They differed in the way in which the components were chosen and in how many were used. Three of the codes used an all-harmonic spectrum and the others used a restricted spectrum.
The first all-harmonic code (AH) used a compression factor of four to one for the fundamental and the spec- which causes a loss of some important transient information. An advantage of this type of coding is that it is fairly straightforward to implement in real time (Schreiner, 1977) . 
II. TESTING PROCEDURE
A speech code must preserve the most salient aspects and qualities of speech if it is to be usable. Three different tests were used in this study to determine how well various speech attributes are preserved by the speech codes. Each test was given randomly to 10 listeners (11 in the case of the prosodic tests) and the results compiled. The coded speech was generated, stored on disk, and then D/A converted to cassette tape. The tests were administered in a relatively quiet environment over close fitting headphones (Koss 4AAA). The level was loud (approximately 95 dB), but not uncomfortably so, to partially simulate the effects that the coded speech would have for the hearing-impaired.
All conditions used are summarized in Table I Speech low-pass-filtered at 700 Hz.
Analyzed and synthesized using 12 predictor coefficients.
All harmonic, fundamental, and spectrum scaled the same.
All harmonic, modified fundamental scaling.
All harmonic, warped spectrum, modified fundamental scaling.
Largest harmonic, modified fundamental scaling. 
III. TEST RESULTS AND DISCUSSION

A. Intelligibility test
The DRT results for natural speech and the speech codes without frequency compression appear in Table  II and Fig. 3 . Looking first at overall scores, we see that all of the speech codes and speech low-pass filtered (65 dB per octave) at 900 Hz (LPF900) were significantly less intelligible than natural speech. The best code used in this study (AH) was somewhat better than the poorest code (FC) with the LPF900 speech midway be- Looking at the differences between the male and female talker, we see that there are some distinct intertalker differences.
For the LM, FCV, and FC codes, and LPF900 speech, the speech produced by the female talker shows consistently lower scores than speech produced by the male talker for the speech feature compactness. That trend is reversed for the graveness feature on the FC and FCV codes where the male speech is more than 15% lower than the female speech. The presence of more harmonics seems to narrow the difference be- 
B. Prosodics test
The results of the prosodic study are summarized in Table III. Considering first the prosodic scores averaged over four talkers for natural speech, LPF900 speech, and untransposed codes, we note that low-pass filtering had no effect on prosodics as dbtermined by this test. This seems reasonable because most prosodic information is carried by the fundamental frequency, intensity, and duration, only two of which are affected at all by filtering.
The harmonic codes showed only minor degradation in the prosodic score but the forman[ codes showed substantial degradation even when variable bias was included to cue pitch. Biasing provided small gains in most cases, but biased and unbiased versions were always within one standard deviation. The combination of biasing and equalization tends to provide an overall benefit beyond either effect alone. '
Looking next at the transposed codes we note that
Looking at specific speaker differences, we see that the scores for the female 187 are consistently higher than the average. The female 200 results seem to be fairly constant over all the techniques and do not exhibit the trends of the overall averages. The male 96 was particularly susceptible to prosodic errors, and the trend of low scores for the formant codes is clearly evident.
C. Discrimination test
To reduce the number of tests required of the subjects, some of the transposed codes in the prosodics test were eliminated before testing in the discrimination task. We chose the codes with biasing and linear equalization so that version of each of the four synthesis techniques was used; the AMTB and AMTL versions were used to verify the effects of biasing and equalizations. Finally, the LPF900 version was used in the discrimination test so that scores of the DRT and DDT could be compared to establish a standard between them. The same listeners were used on the DRT and DDT tests but only some were common with the prosodics listeners.
The results of the discrimination test are summarized in Table IV First, modifying the fundamental frequency may change the spectral density to the point where the formant peaks are ill defined for the female speech. The formant code has well defined formants even though the components are not harmonically related. The male speech has sufficient components to adequately specify the peaks and also benefit from the harmonic structure of the AM code. Second, the pitch is lowered more for the female voice than for the male which could cause perceptual errors. This indicates that more spectral density is required without losing timing cues as occurs for the AHT code.
These results and those of past studies using similar techniques appear in Table V Some further study is warranted of warped lowering schemes. The addition of equalization and improvement of the unvoiced portions of speech may make this code more discriminable than low-pass-filtered speech.
